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Summary 



The use of the maximal-length sequence method to measure acoustic responses in 
the presence of high levels of extraneous noise is described Direct and reliable 
measurements of time and frequency response functions down to a signal-noise ratio of 
dB are possible. With modest amounts of signal-averaging, response functions down to 
S/N ratios of —20 dB can also be measured with errors of the order of 1 dB. Further 
extension of the averaging process is possible but has not been investigated The results are 
described with special reference to the measurement of high values of sound insulation 

The results of a brief experiment to verify the performance are presented and some 
examples of field measurements using the method are discussed 
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1. INTRODUCTION 

This Report describes the application of the 
maximal-length sequence method to the measurement 
of system responses in those cases where the signal- 
noise ratio on one or both sides of the system may be 
very poor indeed. The most obvious application is the 
measurement of high values of airborne sound 
insulation, where the receive-side sound levels are 
limited by the restricted capacity of the loudest 
practicable source-side excitation. In the past, such 
measurements were carried out using explosive charges 
to generate high source levels. Recently, other more 
peaceful methods were developed\ i^ing time integra- 
tion of quasi-random repetitive test signals. The 
instrumentation used for this was fairly bulky and has 
been unreliable, because it depended on the triggering 
of one instrument by another over a long period of 
time. This had proved erratic on occasions, leading to 
wasted effort, because the malfunction was not evident 
until the measurement data had been processed. Using 
dedicated maximal-length sequence instrumentation, 
the signal generation, triggering and analysis are all 
part of the same instrument. This makes it more 
convenient and reliable — it does not mean that the 
earlier arrangement was incorrect or inferior in other 
ways. In fact, the dedicated maximal-length sequence 
system has only a single analysis channel and requires 
the measurement to be repeated for the input and 
output ends of the system. However, in general, one of 
these measurements will have a high signal-noise ratio 
and can be simply measured directly. 

Another potential application is the measure- 
ment of force-soxmd level transfer functions for the 
prediction of machine-generated interference^' ^. 
Measurements such as these had, in the past, usually 
been carried by the crude and obvious direct method 
(using a sledgehammer to excite structures). Using the 
maximal-length sequence method, these measurements 
can be done by long-term integration, without 
necessarily disturbing the normal activities of a 
building. The dedicated maximal-length sequence 
system also has the ability to carry out complicated 
calculations involving many-valued spectra; therefore, 
the need to transfer data to another processor is 
eliminated and the results could be available on site at 
the time of the measurement. 

Other potential applications include the 
response of flexibly-supported equipment to external 
vibrations, even when it is working normally, and the 
identification of flanking paths. 



2. THE MLSSA MEASUREMENT SYSTEM 

The acronym MLSSA stands for Maximum- 
Length Sequence System Analyser*. Although the 
principles of the maximal-length sequence method of 
measuring system impulse responses have been known 
for some time*"®, their embodiment in a single 
package makes the measurement process convenient, 
especially for field measurements. 

The MLSSA system comprises a hardware 
expansion card for use with a standard IBM PC® 
compatible computer, together with associated 
software. The card consists essentially of an input 
channel with 12-bit analogue-to-digital converter 
(ADC) and a special source channel for generating 
a maximal-length, pseudo-random sequence (see 
Appendix 1). The card supports a wide range of clock 
frequencies and has a number of different types of 
anti-aliasing filters. The sequence length of the test 
signal is selectable in powers of 2 over the range 12 to 
16 (4096 to 65536). 

In principle, the MLSSA system excites the 
system under test using the pseudo-random test signal 
and stores the resulting time response, via the input 
channel and ADC. Many parameters can be calculated 
from this time-domain response, most particularly the 
system impulse response. In normal use, all calculated 
results are based on the impulse response, which, 
subject to the limitations of the sampling process, is a 
complete description of the system being tested. It may 
be stored on disk and later recalled for the full range 
of post-processing operations. 

The MLSSA system includes a very wide 
range of post-processing functions in both time and 
frequency domains. All of the frequency domain 
functions are based on the use of the Discrete Fourier 
Transform of the impulse response and are thereby 
limited in frequency resolution by that process. 
However, transforms of length up to 2'^ are available 
so that is not a significant limitation for most purposes 
(except for the time taken). In practice, transform 
lengths of up to 8192 are adequate for most purposes 
and these are carried out and displayed in 1-2 seconds 
on a 25 MHz 80386DX with memory cache. 

The MLSSA system is single-channel and is 
thus limited to measuring the transfer function to any 
part of the system, relative to the electrical source. It 

* Manufactured by ORA Laboratories, Inc. and marketed in ttie UK 
by Munro Associates. 
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relies on the prior knowledge of the test signal to 
recover the impulse response by cross-correlation. 
Inherent in that process is the inclusion of the 
responses of the electronic parts of the MLSSA card 
itself. These may be eliminated by a calibration 
measurement and the application of the derived 
equalisation characteristic. For purely acoustic system 
transfer functions, it is necessary to carry out two 
separate measurements of the input and output 
functions and calculate the response as a ratio. 



3. FUNDAMENTAL PRINCIPLES OF THE 
MEASUREMENT SYSTEM 

In principle, the maximal-length sequence 
method uses a binary pseudo-random sequence. This 
has only two discrete vohage levels and peak-to-mean 
and peak-rms (crest factor) ratios of unity. For the 
measurement of system impulse responses, it carries 
the largest possible energy content for a given 
maximum excursion. In contrast, a measurement using 
an ideal impulse has, theoretically, an infinitely large 
crest factor. In practice, crest factors of 40 dB would 
not be uncommon. It is partially this large 'inefficiency' 
in the excitation of systems which makes methods 
based on real impulses so unsuitable for the analysis of 
systems with any significant amount of extraneous 
noise. It was also one reason for the abandoning of 
the explosive-based method for the measurement of 
high values of sound insulation \ 

However, the whole of the potential crest- 
factor advantage of the maximal-length sequence 
method is not actually available for use in the 
measurement. The output test signal theoretically 
contains frequencies up to infinity and is inevitably 
low-pass filtered by any real system. In practice, 
deliberate filtering is also applied, according to the 
measurement bandwidth. The resulting band-hmited 
signal appears noise-like and has many of the 
properties of true random noise, including a non-unity 
crest-factor — again! In practice, excursions greater 
than about +17 dB relative to the rms value are rare 
enough to be ignored for most purposes. Thus, the 
effective crest-factor is about 17 dB. This is inherently 
the same as any other random noise-based method 
and much better than a real impulse. It is about 14 dB 
worse than a sinusoidal test signal but does test 'all' 
frequencies simultaneously. It is also periodic and can 
be analysed without needing complex windowing 
techniques (unless only a portion of the response is 
being analysed). 

When applied to the system under test, this 
signal causes a response which will, in general, be the 
convolution of the test signal with the system impulse 



response, plus some additional incoherent noise 
components. The digital representation of this response 
is transferred to the computer memory. The system 
impulse response is computed from the cross- 
correlation of this data with the original binary signal. 
This produces the combined impulse response of the 
test signal output filter, the system under test, the 
transducers (if any) and the data recording system 
response, including anfi-aliasing filters. Usually, 
imperfections in the responses of most of these 
elements will be insignificant, but they can be 
compensated for, by equahsation (if necessary), based 
on a back-to-back measurement of the measurement 
system alone. 

The computation of the cross-correlation 
improves the effective signal-noise ratio by about 
3 log2(/,) dB, where L is the length of the calculated 
impulse response. For a length of 2048 samples, this is 
numerically equal to 33 dB. The improvement arises 
because every sample value in the calculated impulse 
response contains information from all samples in the 
recorded time response. This is one reason why a 
12-bit analogue-to-digital converter is adequate for the 
input channel. In this mode it is effectively equivalent 
to about a 17-bit converter. Thus, the (quantised) 
system impulse response is obtained with large 
dynamic range and a high signal-noise ratio — the 
latter approximately 60 - 70 dB better than by direct 
measurement. 

In the same way as for the ADC, the method 
will also reject considerable amounts of incoherent 
noise from the system under test. Theoretically, (for 
dB measurement signal-noise ratio) the extraneous 
noise level could be up to 33 dB higher than the 
wanted signal (for a sequence length of 2048 samples). 
In practice, long before that margin was achieved, the 
measurement would become unreliable. 

The measurement signal-noise ratio can be 
further improved by averaging successive measurement 
esfimates^ Theoretically, each doubling of the number 
of measurements included in the average should give a 
3 dB improvement in the reliability of the result; this 
is provided that the system under test and the 
measurement equipment is stable, and time-invariant 
for the necessary length of time. For the method 
described in Ref. I, improvements of 30 dB were 
obtained for 1024 repeats, at the cost of quite long 
measurement times (30 - 60 minutes per position). 
This allowed results to be obtained down to about 
—20 to —25 dB signal-noise ratios. 

The maximal-length sequence method can also 
benefit from averaging, and the MLSSA system 
provides facilities for doing such averages. In fact, two 
different time-domain averaging modes are provided. 
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One mode, 'pre-averaging', averages the received 
signal directly, before computation of the impulse 
response. The second method takes the average of a 
number of completed impulse responses. In principle, 
for the same number of contributions, the two 
methods should give the same degree of signal-noise 
improvement. In practice, there are small differences 
between them, with the pre-averaging giving slightly 
the better result. The pre-averaging is also rather faster, 
because it does not take the time needed for the 
computation of the impulse response. However, it is 
limited by the control software to 16 samples. This 
theoretically gives only 12 dB of signal-noise ratio 
improvement. 



4. PROVING MEASUREMENTS 

Before using the system for real acoustic 
measurements, a brief proving experiment was carried 
out. The objective was to confirm the theoretical 
behaviour and to determine the likely practical Umits 
for the noise rejection capabilities. 

As a test, an experimental arrangement was set 
up for measuring the impulse response, and thereby 
the effective frequency response, of a loudspeaker in a 
room. As a source of extraneous noise, the output 
from an adjustable, independent random noise 
generator was added to the loudspeaker drive signal. 
The test room had a fairly uniform reverberation time 
of about 0.5 s. The loudspeaker was a standard, high- 
quality monitoring loudspeaker and the micro- 
phone was a non-precision, small 'tie-clip' device 
located at a distance of about 3 m. The measurement 
system was set for an upper frequency hmit of 3 kHz 
(9.009 kHz sample rate) and a data acquisition length 
of 2048 samples. The results are presented here in the 
form of frequency responses, obtained from a 
2048-point Fourier Transform of the whole data 
period (227 ms), giving an effective frequency 
resolution of 4.4 Hz. 

This test was intended to represent the 
measurement of airborne sound insulation by the 
maximal-length method. In a real sound insulation 
measurement, the wanted transfer function frequency 
response would have a pronounced dependence on 
frequency. The background noise level in the receive 
room would, in general, also be a function of 
frequency. Thus, the measurement signal-noise ratio 
would be frequency dependent. For simplicity in this 
test, the wanted response and the interfering signal 
were nominally independent of frequency, giving an 
approximately constant signal-noise ratio. The 
inevitable small departures from uniform signal-noise 
ratio resulted in a significantly more sensitive test of 
the limitations of the method. 



The nominal reference level, dB, for the 
additional noise was set to be approximately equal to 
the (noise-like) test signal. This was adjusted 
subjectively to be within about 1 dB. Three different 
conditions were measured. The first was the loud- 
speaker response with no added noise and was taken 
as the reference response. It was free of any significant 
extraneous noise and was essentially precisely 
reproducible. The second condition was with the 
additional noise set at the reference level. The third 
was with the extraneous noise set at +20 dB relative 
to the reference level. The second and third 
measurements corresponded approximately to dB 
and —20 dB signal-noise ratios respectively. 

The results from the proving experiment are 
shown in one of three forms: 

a) as narrowband frequency response, with a O.I 
octave smoothing applied to remove the 
confusing fine detail; 

b) as equalised narrowband frequency response 
(also with 0.1 octave smoothing), relative to 
the result for the 'noise-free' case; 

c) equalised, one-third octave band results. 

In third octaves, the chosen frequency 
resolution meant that the 100 Hz band contained only 
about five computed frequency values. This problem is 
inherent in the use of Fourier Analysis for constant 
percentage-bandwidth-measurements, where the trans- 
form frequency resolution is poorly matched to the 
requirements of the data representation. The low 
frequency hmit of these measurements was, therefore, 
100 Hz. 



4.1 'Exact' and dB S/N measurements 

Fig. 1 (overleaf) shows the frequency responses 
of the measurements made with no added noise and 
with dB signal noise ratio. They are shown overlaid 
as narrowband frequency responses. Except at 
frequencies below 65 Hz, there is essentially no 
difference between them. This demonstrates at least 
some part of the theoretical noise rejection capablities. 
Fig. 2 shows the same data, presented as relative 
values. Fig. 3 shows the same data again, converted to 
one-third octave representation (the apparent increasing 
level with frequency arises from the 'white noise' 
equivalent of the test signals). At frequencies of 80 Hz 
and above, the maximum difference is about 0.6 dB. 
The differences are also fairly evenly distributed 
between positive and negative values. According to 
these results, a measurement would be reliable at least 
down to dB signal-noise ratio without any additional 
signal averaging. 
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4.2 -20 dB S/N measurements with no 
averaging 

Fig. 4 (see page 4) shows the response 
measured with added noise at a level +20 dB relative 
to the test signal and with no signal averaging. The 
response is shown relative to the 'exact' response. 

Fig. 5 shows the same data, integrated into 
one-third octave bands. 

In both cases, the measured spectrum is clearly 
in error, with magnitude differences in excess of 5 dB 
and with a consistent positive bias. At this signal-noise 
ratio, the measurement system is unable to evaluate 
the received signal correctly. 

4.3 -20 dB S/N measurements with 
averaging 

Fig. 6 shows the response obtained for —20 dB 
signal-noise ratio, using ensemble-averaging of the 
impulse response for 16 samples. It is compared with 
the 'exact' response. 

Fig. 7 shows the response obtained with 
—20 dB signal-noise ratio using pre-averaging of the 
time response for 16 samples; again, compared with 
the 'exact' response. 

Both of these estimates of the true response are 
clearly quite accurate, although the pre-averaged one 
is slightly closer. This is not easy to see from Figs. 6 
and 7, but when converted to one-third octaves, the 
result from the pre-averaging gives a smaller maximum 
error, a more symmetrical spread of error values and a 
smaller cumulative error value when compared with 
the 'exact' response. 

Fig. 8 shows the comparison between the 
measurement for —20 dB signal-noise ratio using pre- 
averaging and the 'exact' response. 

4.4 Discussion of experimental results 

Because of the statistical nature of any meas- 
ured results, one can never be certain that any particu- 
lar result is accurate — incoherent noise will always 
cause errors in the estimate. The lower the relative 
noise level the more accurate will be the result. This 
brief investigation has assessed only two different levels 
of noise interference. However, the results obtained are 
adequate to indicate the order of magnitude of the 
effects for the purposes of practical measurements. 

The maximal-length sequence system has a 
theoretical noise rejection capability of around 33 dB 
for signals of 2048-sample duration. In an environment 
with an approximately dB signal-noise ratio, the 



measured values for the test arrangement have been 
shown to be essentially indistinguishable from those 
measured without the additional noise. This demon- 
strates that at least a significant fraction of that 33 dB 
is actually being obtained. 

In an environment with an approximately 
—20 dB signal-noise ratio and with no signal aver- 
aging, the measured values for the test arrangement 
were clearly erroneous. This demonstrates that the 
ideal 33 dB noise-rejection is inadequate to resolve the 
true response and leads to substantial errors in the 
result. Expressed roughly, the measured result should 
have had an effective signal-noise ratio equal to about 
13 dB (33-20). In normal acoustic measurements, a 
13 dB noise margin would not cause such large errors 
in a measured response, although, in some cases, some 
account might have to be taken of the resulting errors. 
With these maximal-length sequence measurements, 
the errors appear more than would be expected for 
such a noise margin. Clearly, the noise rejection 
performance of the method is not quite so high as the 
simple theory suggests. 

When either form of signal averaging was 
appUed, with a theoretical improvement capability of 
12 dB, the reliability of the maximal-length sequence 
results was essentially restored. In theory, the total 
noise rejection performance should have been about 
45 dB and was clearly adequate to resolve the test 
signal, with a reasonable degree of accuracy, at a level 
of 20 dB below the extraneous noise. 

4.5 Practical implications 

In practical applications, such as the measure- 
ment of high values of sound insulation, optimum 
results would be obtained by shaping the spectrum to 
produce an approximately frequency-independent 
receive-side signal-noise ratio. With no signal 
averaging, valid results would be obtained for all 
frequencies where the signal level was equal to or 
greater than the unwanted noise. With averaging of 16 
samples, this limit would be extended to —20 dB. 
Assuming a uniform source sound pressure level of 
95 dB in one-third octave bands, and a receive noise 
level equal to BBC criterion ii', the following Sound 
Level Difference values could be measured rehably: 



Freq. (Hz) 


a 


b 


63 


59 


79 


125 


68 


88 


250 


76 


96 


500 


81 


101 


1000 


86 


106 


2000 


90 


110 


4000 


94 


114 
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where 'a' is for no averaging and 'b' is for 16 sample 
averages. The values for the potential insulation 
measurement limits in column 'a' are not unusually 
high. Conventional methods are capable of making 
such measurements, although with significantly more 
stress (and likelihood of failure) for the source 
loudspeaker and more disruption for the building 
occupants. The values in column 'b' are unmeasurable 
by any other technique except using explosive charges, 
with all of their attendant disadvantages (and much 
greater uncertainties in the results). 

It should be noted that the signal-noise ratio 
improvement is not limited to 20 dB. In principle, it 
can be extended to any extent. In practice, it will 
ultimately be limited by the resolution of the data 
representation, the stability of the system over a long 
period of time and the extended measurement time 
required for high values of noise rejection. In one 
experiment, at least 50 dB of noise rejection was 
obtained at some frequencies at the cost of about four 
hours of integration time. 

(Elaborate versions of the same techniques, for 
use with very remote space satellites, for example the 
Voyager series, can recover data from at least 120 dB 
below the noise level.) 



5. EXAMPLES OF REAL 
MEASUREMENTS 

5.1 General 

The full results obtained from actual field 
measurements are not directly relevant here, at least 
not without a full explanation of their context. What 
are presented here are descriptions of the particular 
problems and reasons for choosing the maximal-length 
sequence method in each case. Also presented are 
samples of typical results and indications of the 
effective noise margin achieved by the measurement. 




31.5 63 125 250 500 1000 2000 4000 
1/3 octave band centre frequency, Hz 

Fig. 9: Measured sound level difference, 
35 Marylebone High Street 



In carrying out the maximal-length sequence 
averaging method, it is always necessary to make a 
positive assessment of the noise margin of the 
measurement because it is, by definition, never self- 
evident. This can be done by carrying out the 
measurement process but with the source disconnected. 
By comparing that result with the actual measurements, 
the degree of noise rejection achieved, and the 
necessary integration required to make a reliable 
measurement, can be estabhshed. It may be necessary 
to repeat the process, using increasing degrees of 
integration, until an adequately reliable resuh is 
obtained. 

5.2 35 Marylebone High Street 

In the case of 35 Marylebone High Street, a 
measurement was required of the airborne sound 
insulation from a third floor room to the basement of 
a relatively old masonry building. The third floor had 
been proposed as the location for a new studio/mixing 
facility for processing popular music. The basement 
and ground floor areas were already in use as a Local 
Radio station. There was seen to be some potential for 
disturbance by the new facility, despite there being 
three intervening floors. 

The airborne sound insulation was not expected 
to be very great and could probably have been 
measured directly, by conventional means. However, 
the third-floor location had only a lightweight, single- 
glazed window looking out over a narrow alley-way 
to adjacent residential and commercial properties. The 
sound levels necessary to carry out the measurement 
in the conventional way would have caused serious 
disturbance to the neighbours. Nor was it possible to 
find a time during the day or night when the 
disruption would have been tolerable. 

Fig. 9 shows an example of the measured 
sound level difference for one source/microphone 
position. Fig. 10 (overleaf) shows the integrated sound 
level spectra compared with the control spectrum, as 
measured with the source disconnected. The measure- 
ment can be seen to be valid for frequencies between 
the 63 Hz and 1000 Hz bands (inclusive), with signal- 
noise ratio margins between 2 dB and 23 dB. The 
source spectrum is plotted 20 dB below its correct 
level to make the scale reasonable. For each of the 
results, 64 measurements were averaged, giving a 
theoretical signal-noise ratio improvement of 18 dB. 

5.3 Manchester central apparatus room 

For the proposed relocation of the central 
apparatus room in Manchester, it was intended to 
locate air-conditioning plant on the floor above a 
studio and its control room. In order to derive a 
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specification for the plant designers, measurements 

were carried out of the transfer function from 

vibration on the floor slab to airborne noise in the 
studio areas below. 

Because any manageable vibration generators 
have limited maximum output capabilities, and 
because the studio had a double ceiling slab, it was 
anticipated that signal-noise ratio difficulties would be 
encountered. The noise-rejecfing properties of the 
maximal-length sequence method were necessary. 

Fig. 11 shows an example of the measured 
sound level in the studio together with the control 



measurement. An effective signal-noise margin of 
greater than 10 dB was achieved over the frequency 
range of about 20 Hz to more than 1000 Hz. 

This measurement was similar in principle to 
those reported in Refs. 2 and 3. In that case, the 
measurements pre-dated the development of the 
maximal-length sequence method, which would have 
been significantly easier to carry out. Instead, the 
direct method was used, with excitation by (very 
hard) blows with a large sledgehammer. All activities 
in the receiving areas, including all offices on the 
floor below, had to be restricted. Even then the results 
were contaminated by extraneous noise from the 
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remainder of the building at some frequencies. Had 
the maximal-length sequence method been available, 
the measurements could have been carried out without 
any risk of damage to the roof structure and whilst the 
normal occupational activities in the building 
continued. 



5.4 BH Concert Hall 

During the discussions about the possible 
re-allocation of the Broadcasting House Concert Hall 
to 'Light Entertainment', some questions arose 
about possible disturbance to other studios in 
the main tower. The potential for disturbance was 
thought to extend to all areas from the third to the 
sixth floors. 

Because of the difficulty for obtaining access to 
all of these areas at the same time without creating 
disturbance to any other areas, it was necessary to 
carry out the measurements using relatively low levels 
of source signal in the Concert Hall. 

The results showed that direct measurements 
might have been just possible using much higher 
source levels (despite the number of intervening 
floors), although the accuracy would have been rather 
less. The use of the maximal-length sequence method 
allowed the measurements to be carried out without 
any disturbance to other areas, without overstressing 
the test loudspeakers and with better accuracy. The 
penalty (as in all of these measurements) was an 
increase in the time taken to carry out the actual 
measurement, from perhaps five minutes to about 20 
minutes. However, when the time taken to move and 
re-assemble the equipment is also taken in account, 
that is not very significant. 

Fig. 12 shows an example of the measured 
airborne sound insulation in one-third octave bands. 




.5 63 125 250 500 1000 2000 4000 
1/3 octave band centre frequency, Hz 



Fig. 12: Example of measured sound level difference, 
BH Concert Hall to Studio 6A. 



6. CONCLUSIONS AND 
RECOMMENDATIONS 

In theory, the method of measurement based 
on the use of maximal-length sequences and cross- 
correlation to obtain system impulse responses is cap- 
able of rejecting significant levels of extraneous noise. 
To verify the theory, a brief investigation was carried 
out into the capability of the method for the measure- 
ment of acoustic systems with poor signal-noise ratios. 

The inherent noise rejection of the measure- 
ment system was not as high as the simple theory 
suggested; but it was found to be entirely adequate for 
resolving signals in the presence of incoherent inter- 
ference having equal amplitude to the system output 
response. It has also been shown that the performance 
of systems with measurement signal-noise ratios of 
—20 dB can be resolved with reasonable accuracy if 
the further noise-rejection properties of signal averaging 
are employed. There were minor differences between 
the results from the two averaging methods tested, but 
these were of no practical significance. There was, 
however, a small penalty in the time taken to carry 
out one of the averaging methods. 

As examples, the backgrounds and results for 
some actual cases have also been discussed. In all of 
those cases (and many others not reported here), the 
use of the maximal-length sequence method of measure- 
ment with signal averaging, produced results with 
clearly defined error bounds, and in situations where it 
would otherwise have been difficult, inconvenient or 
impossible to have carried out such measurements 
using earlier methods. 
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APPENDIX 1 
Pseudo-random Sequences and System Impulse Responses 

A binary digital shift register with feedback will, under some circumstances, produce a long (i.e. much 
longer than the number of stages in the register) sequence of binary (i.e. two-level) values. Such sequences can 
have properties similar to those of real random numbers, in that the probability of any particular value or short 
sequence of values is as probable as any other. However, because the sequences are fully determinate, they are 
entirely predictable. The name 'pseudo-random' is usually used to describe such sequences. The maximum possible 
sequence length which can be produced by a shift register of length L stages is 2^—1 and is produced by a small 
subset (perhaps only one) of the total number of possible feedback configurations. For example, a 10-stage shift- 
register with feedback to the beginning from the 3rd and 10th stages, will produce the whole of the 1023 step 
sequence. Such sequences are often known as 'm-sequences' (for 'maximal-length sequences'). 



Fig. Al.l: Schematic representation of 
n-stage, binary, pseudo-random sequence 
generator. 
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Such binary signals are, of course, useless for testing band-limited systems because the step discontinuities 
contain frequency components extending to infinity. In practice, band-limited versions can be used. The 
characteristics of these practical signals are that they retain the periodicity and predictabiUty of the original 
sequence, but acquire some multiple-value (analogue-like) properties. A combination frequently used consists of a 
long originating sequence which is band-limited to an upper frequency equal to a small fraction of the clock 
frequency. In such cases, the resulting signals are very Uke true random noise. They can have very large (but 
necessarily finite) peak-to-mean ratios. The generating sequences can e^ily be very long indeed — an entirely 
practical, 64-stage register would take more than 600,000 years to complete a cycle when clocked at 1 MHz. Such 
a periodicity would be hard to detect (at least by any means not related to the generating mechanism). Such long 
sequences are frequently used for the simulation of real random noise. 

For maximal-length sequence measurements, shorter sequences are used, typically 16384 steps — essentially 
because some advantages arise from using the periodicity of the whole sequence. When used for testing real, 
wideband systems, the noise-like properties of the band-limited sequence mean that the system operating conditions 
are similar to those which would apply during normal service. Subject to the limits of discrete quantisation, all 
frequency components are present in equal measure, are tested simultaneously, and in the presence of each other. 

However, the time-response of a system to a seemingly arbitrary noise-like signal is not very useful. By 
convolution of the system time response with the original test signal (which can of course be re-created rather than 
having to be stored), the system impulse response can be obtained. This is identical with the impulse response 
which would have been obtained directly (again subject to the limitations of the sampling process). The advantage 
of the convolution method, is that for every point in the impulse response data from a number of samples equal to 
the length of the sequence has been employed. When accumulated, the random (uncorrelated) components of these 
samples tends to average out. This can be expressed as: 



git) = 2 0(t).G(t-T) 



where 



and 
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g{t) is the impulse response function 

0{t) is the recorded system time response 

G(t) is the (binary) excitation function 

r is the relative time delay 
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Because of the repetitive nature of the signals, the infinite summation can be replaced by a finite 
summation over the whole period (at the cost of introducing cyclical alias responses). The Discrete Fourier 
Transform of the impulse response gives the discrete frequency response, H{ti)): the frequency range of this will 
extend, in theory, to (sample frequency)/2 and with a r^olution of I/T Hz, where T is the total duration of the 
impulse response or the transform length, whichever is the shorter. 
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APPENDIX 2 
Windows and Sampled Systems 

One (and perhaps the most important) aspect of applying infinite transforms to finite data is the control of 
the real-world end-points. The theory of the Fourier Transform is based on infinite integrals and can be applied 
theoretically to idealised situations. Even in practice, there are some situations where the data values beyond the 
practical reach of the me^urement technique are clearly zero; for example, before the occurrence of a real impulse. 
In those cases, the data can simply be truncated without introducing errors. In cases where the data is actually 
cyclically repetitive, a transform over exactly the repetition period will introduce no spurious components — 
because, for a given resolution, the discrete transform over the period is identically equal to the infinite transform 
of one event of the same type (apart from magnitude). In more complex cases, the input data must be truncated in 
a controlled way to control the magnitude of the spurious components. Many such windows are possible*' ^; for 
example, truncated Gaussian, cosine (Banning), raised cosine^ (Hamming), Blackman-Harris, etc. Typically, these 
windows weight the data such that the ends have little significance. Then, one windowed sample may be treated as 
though it were repetitive, if the inevitable errors introduced by this artifice are acceptable. The significance of the 
differences between the windows lies primarily in the shapes of the spectra of the unwanted, erroneous 
components; for example, the Hanning window has sidelobes which reduce at a rate of 60 dB per decade whereas 
the Hamming has an additional small rectangular component which produces a partial cancellation of the first 
sidelobe of the cosine, at the cost thereafter of only 20 dB per decade attenuation. 

An additional limitation arises with modern time-quantised systems (digital processing) because the 
sampling process itself introduces potential ambiguities which vrill appear in the frequency domain as repeated 
spectra. It is usually sufficient to pre-filter the signal to a suitable frequency range and then oversample to reduce 
this aUasing to acceptable limits. 

The resulting transfer function from such a measurement will be quantised into a finite number of discrete 
values, spaced at intervals of 1 /(total transform length), each representing the system response to a band of 
frequencies around the nominal output frequency value. The frequency domain weighting appUed around the single 
frequency will be the forward Fourier Transform of the time-domain window. In cases where the time-domain 
weighting window function is much less the total length of the transform, the frequency resolution will be 
determined entirely by the window and much of the output data will be redundant, but generally not incorrect. 

In the MLSSA equipment, any of these sample lengths and windows may be applied without practical 
limit. At all times, the effects produced are consistent with the simple underlying theory, even though they may not 
always be self-evident. 

In contrast, a type of equipment which is frequently used for similar measurements, based on the work of 
Richard Heyser, uses a linear frequency sweep and offset filter to analyse systems in a three-dimensional, time- 
frequency manner. In such systems, the effective windowing may not be obvious, nor under the control of the 
operator*. The results from these systems may be characterised by large spurious responses, to the extent that the 
true data may be almost completely obscured. Such systems also take much longer to carry out the measurements. 
The fundamental signal-noise ratios performances have been shown to be comparable*. However, the apphcation 
of signal averaging techniques for the improvement of measurement signal-noise ratios to these systems is 
impractical. 



For a detailed analysis of such systems, see Ref. 10. 
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